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Abstract - I)igilal  audio  is hecnming  prtwtknt  n u t  oIIly  ill

ctrnsrrnm electronics, hut alsu in rtift’ermt Imnrdcasting  media.
‘1’errestrial analog audio hrwrrlcasling  in the AM and FM hands
will be cwntually  he rqdwwl  hy digital systems. in the Urritcd
States, rlevelopruents  include in hand digital systems for the FM
and AM hands, while in F.urupc and elscwhcrw,  the lureka  147
system is u n d e r g o i n g  large scalt’ tr ials .  l)igital illldio

hroaclcastiug via satellite is a reality in conjunction with direct
to home TV broadcasting. Satellite delivery of audio tu mobile
receivers is under devclopnwnt, Worldspace has propnsed  a
system of moderate rate digital audio delivery via satellite
irrterruttimmlly v ia  a  three  sate l l i te  systcm, whi le  t}} o
organizations have been granted licenses to provide (~1) quality
satellite audiu  domestically in the 11.S. ‘1’hc one hroadcastiug
service which has indicated an interest in switching tu digital,
hut is sumewhat behind in system development is short wave
hroartcasting.

‘1’he minimization ut’ data rate is  very impurtant in
broadcasting because uf bandwidth and puwer collstraiuts.
Audiu cmnprwsim  is therefure used to reduce the [Iilta rate
required h) transmit and reprurluce the audio at the reuivcr.
The data rate that is needed depends on the andiu handwidth
that is to hc rnaintaincd,  whether it is monaural or stereo, and
the distortion level thut can he tnlm-atwl hy the audience. A great
deal of effort has heen expended to hriug down the data rate
ncmtecl to reproduce Cl) quality uuclio,  on the high end ol tile
audio conlpression performance scale, and on speech
compression fur telephony, on the low end uf the scale. 1 .ess
work has hccrr done in the medium bandwidth speech and music
area, which is most appropriate for short W’iiVL’ hroarlmsting.

The hand width uf a short v avc chunnel is 10 k}lx. ‘l’lIt,
narrow handwidth and the very difficult prupa~ition
characteristics uf the }IF hands will severely limit the data rate
that can he tr-arwnitted.  It will take a very cf(icient comprcssimr
scheme to achieve the desired wice and music quality. in
addition, attention must he paid to the interaction nf the receiver
and audio decoder in minimizing undesirable audio artifiicts
when the received signal approaches threshold. This paper
describes the unique requirements uf audiu compression systen]s
suitable for HF broadcasting frum the perspective of the uwrall
shurt wave broadcasting systtw  design.

1. lN’I’RO1)UC’l”ION

AM Iwtmlcas[ing is OIIC o(’ the oldcsi hr(mlcas(ing  scrviccs
III cxislcnm. 11 is mosl  cxlcnsivcly  usd it] the Ildiun]  wave
bands (around I M 11/) f(N IOCZII  br(mlcasting,  and in the

shm( w a v e  or Hl; (3 MtIz, to 30 M}lr, ) kinds  lbr in(crt):i(i(mal

brmdcasling.  “1’hc  111: bids a r c  s u i t a b l e  f o r  l o n g  d i s t a n c e

broadcas(itl: b e c a u s e  r a d i o  s i g n a l s  at [hcsc  frcqLlcncics  arc

rcflcctcd  lrt)m lhc ionosphclc”  as  WCII  a s  f r o m  t h e  sLlll’:icc  o f
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lhc IWth. ‘1’his allows s i g n a l s to travel ttlollsands of”

kilolnctcrs by means of one, two, or more hops.

(JHlk)IILInalcly  the ionosphclc  is not an i d e a l  rckcting

surlacc.  1(s rcllcctive properties vary with time of day, solat-
cyclc, and other seemingly random phenomena, which rcsulls
in a varidy 01 propagation in)pairmcn[s.  I,istcning  to a H[J
bttwlcas(  can I-angc from the annoying to almost impossible
bCL’:lLISC  o f  thC Si~lld fXiCS, n o i s e ,  and  o t h e r  inq)airmcnts,

i n c l u d i n g  intcrlcrcmc  from o t h e r  s t a t i o n s  on  t h e  s a m e

frequency. In spite 01 this, H[: bmdcasting  has until recently
been Ihc bcsl way to dissclninatc  int’mnation  over a wide
aIca,  Now other Incans of information” delivery, such as the
lntcrnct  and dim[ to home sa t e l l i t e  b roadcas t ing  a rc
becoming luorc a~wilablc, “1’()  compete with these, HF
twtdcas[ing  rcccpti(m  mliabi[ity and audio quality will have
to bc significantly ilnprovcd, ‘1’tlc  broadcasting infrastructure
i s  t he re .  A  succcssf’ul c(mvcrsi(m  to digital bl”dcastin.g
would  go a long way toward improving the quality of short
Ivavc au(li(j and returning Iis(cncrs  10 this scrvicc,.

‘1’hc  short  wave bands at-c also Llscd by radio amateurs for
colI]t]lLlllic:lti(~l~s, also using AM. ‘J’hcy  must also be kept in
Inind it) the c(mvemi(m  to digital process. While (here is very
Iit(lc distinction bctwccn br(m(lcaslit~g  and cc)[~][]]u[]icatic~[ls
WIWI1 using AM, the pr(~ccssing delay factor in digital
Syslcllls can bc more of a hindrance in two way

L’ot))ll)llt]ic;tliot]s.”

.Scvc  l-al  imlcpcn(tcnt  s(udics  a r c  cL]mcntly  Llndcr  w a y  to

dcl’inc syslcms for H}; digilal broadcasting. It is hoped to
SCICC1  the bcsl approach and define a “wmld  standard” that

IlloSt bloildc:lS(CIS  w i l l  use. A group of international
1)1 oadcastcrs and rcprescntalivcs Sr’onl broadcaslirtg
cquipnlcnt Ill;llllll’:lctlltcrs arc working tn SC( up a consortium
C: II ICCI l)igital Radio Mondialc.  ‘1’hc  g(ml of this consortium
wi I I bc to define systcm rc(luilcmcnk and work to facilitate
tllc c(lnvcrsi(m  (it’ lll; bl(dcasling to digital.

OK sysIcm kw digital HI; is being studied at the JCI
1’I opulsion I,aboratory, LIn(lcr  sponsorship” by [he Voice of
A[l]crica. ‘J’llis  systcIII is being adapted as far as p(~ssiblc from
a design llIat was dcvclopd It)l satellite digital audio
broadcasting. Since tllc audio bandwidths and propagation
aIc di fkrcnt,  SOIIIC of t h e  sys(cm  t r a d e - o f t ’ s  h a v e  t o  bc

Icdonc. Some of  the l ink impairn)cnt  m i t i g a t i o n  t e c h n i q u e s

th:tt  w e t - c  dcvclopcd for the salcllitc s y s t e m ,  h o w e v e r ,  a r c

applicab]c atd will bc LiSCfLll  in a HP broadcasting system
dcsi:n.



II. SIGNA1.  I)l;SIGN CONSII)IIRA’I’l[  )NS

A  short  wwvc  br(mkas(ing channc]  i s  lilnikd (() a
bandwidth 01’ 10 k}Iz, so lIK conlbin:[lion 01’ audio dald ralc
and a n y  ovcthcad  for sytlctlrotliz;l(ioll” and crmr prolccti(m
must  fit into this bdwidlh,  It) :ddit ion, il will plolmbly  bc
dcsimd by mm{ bt-oadcaskl-s  to Wlnsmil s(m)c amili:wy d:tla
logdhcr  with the :Iudio,

2’0 achicvc g(ml :mdio qmlily reliably will require :L
careful set  01’ t r a d e - o l l ’ s  hctwccn audio c(mprcssion,
mo(lul alien, and coding. 1( goes w’ithoLlt  saying 111;11 the nudio

Lmnp(cssion  lnus( hc nmlc as cflicicnt as possible.

A. A dio c{)l)l[)tc’.s.~iotl

Audio compression is (I)c means kr Imvcring d;i(a rate
atlcr the audio is di,gi (id wi th  an  A  (o 1) convcI[c I.

Sampling first mus( bc d(mc at twice the audio bmdwidth at
Llp t[) ] 6 bilS PCI-  SWl)plC.  l’hCSC  SWl@CS  :IIC (hCl) pl”OCCSSL’d

b y  thr c h o s e n  colnprcssion”  tcchniqLw.  ‘1’hcic  is  a  ltdc-ol’1”

bCtWCCll thC i’ill;li d:ltil 121tC  ;llld  Wdio qLldi(y. ~Llll’Cl)(  s([I(C  01

(IIC  art wmprcssion tcchniqLlcs w h i c h  arc dcsignd t o  w o r k

with telephone type (3.5 kHz,) Imndwidths  rcpr(xlucc  speech
and music fairly WCII at data rdtcs atoun(l  16 kbps,  Other
techniques which  wctc ot-iginally applied 10 colnpmsion  01’
CD quality slmm aic being btoughl d(mvn  in d:ita ralc :md
can cLtIrcnlly  bandlc  9 kllz s t e r e o  a t  qqm)xinmtcly  M khps.

I’hc audio Imndwid(h  rcqLliwtncnt 01” cLIrrcm A M
broadcasting is 4.5 kHz. I’hc ini(iill quali(y  rquircnlcnt  [’(N
}l[; bt-(mlcastillg  should  inilidly ptovidc  Iai[bl’ul rcpt(xlucti(m
of’ at lcas( this bandwidth. ‘1’here is a dcsitc by bron(lcmtcrs  to

CVCIl[Lldly  J)LISh  (his higher. A i’il S( L’LI1 of tllc wquircl]lcnls, ils
p r o p o s e d  b y  a  groLlp  of” intctndionai  br(dc:islcrs, i s  shown

in ‘1’able I.

I’AIII.1:  1
AU1)I()  IIANI)WII)I’[1  RH.)UII{l:AIHNI’S

REQLJIRI;MIiNT short  ‘l’clIll l.(mgci ‘1’cl[ll
I I

Cbanncls Mono” S(cl’co
Audio Bandwid(h I 4.5 kk17 9 ktI/
I’I’LJ-R  listening SC;IIC I 3.5 I 4.() I

It is not ycl clear m’ba( rclidbly opcr:llional dala rdtc will bc
achievable over the H [: chnnncl, or whether the hondwidh
limitation will bc eventually rcl:lxcd.  J’logrcss  is twin: nmdc
in defining a robust signal stmcturc, hut al this liinc it oppcm
that it will bc ditlkult 10  :Ichicvc grca(cr  than a 32 kbps dt~(a
throLlghpLlt  Llndcl  Ihc hcst plop:lgati(m  c o n d i t i o n s .  I]dcking

off to a lmvcr da(ti  tratc tmiy  bc rcq Llitcd  w h e n  prop: tg:ition” is

Icss th;ln idcd. N o r m a n  y  lhis w(mkl bc d(m i~l t h e
transmi[kr, whcncvct it is rccogni7cd ttmt sul’f’icicn( sign;ll to
noise ratio is not availohlc ovcl” ttlc intended covcmgc alcd.

]n digitol lrilnstnission systems it is possible and usually
(Icsirablc  to send pt-ogram related or other data together with
tl]c ;m(lio. in odcr to snvc bandwidth, non Iimc critical data
can bc conlbincd with lhc cotnprcssccl  audio signal, taking
dvanl:yc  01  pcl-iocls  when the inlornmtion c(mtcnt of the
:Idio is Iolv.

Since tludi(~ c(mpl-cssion schcmcs  w(wk  with Ilnitc time
scgt]lcnts  01’ audio, there is some time averaging of’ the
inl’(mlation c(m(cn(  ol’ the signal. Ncvc[-thclcss  there are
tinlcs, such ;\s a period of silcncc, when the information
c(mknt is vciy low. ‘1’()  rc;illy smoo(h  OLI[ tbc slow variations
wJOLIld  require  working  ivilh l(mg lin~c s e g m e n t s  of audio,
which  woLllLl  result in a Iwgc dclily in restoring the audio at
tllc rcccivcr, “1’tlus introducing auxiliary ciata when audio
inkm]ltl[ion  is I(NV is d w a y  of’ u(ili7, ing bdndwidth m o r e
cl’1’icicnlly.

Audio i’rm]c syt]cllt(~tli?,~ltiot~ d cwor protection ding,
o n  tllc othcl” tland, IllLISt tlc sLlpplicd a t  a f’i XCd  data  r a t e .

‘1’hcrclolc  t h e s e  Illllst bc WI(IC(I  a s  a  f i x e d  ovclhcad  to t h e

ILxnsll)ittcd  dato strc:Lnl.  ~’hc  lesLll(ing  signnl, s h o w i n g  t h e

con)positc” clcmcnts,  is ill Llstratcd  by Fig, 1.

I Audio , Aux l)[lt;i  1 Sync& Coding

(’. Ettc)t I’lotcc[i[)tl

A digi[:(l colllll]Llt~ic;](iot]” ch~inne]  is subject to bit crmm.
‘1’hcsc bil cmrs c:tn bc tmrs(y (w mow evenly distributed in
tinlc, depending (m lhc Chill”actct’islics Of the channel. Bit
CM(W ptotccti(m is  n(mllally d o n e  lhr(mgh kmvml  crmr
c(m’cclion (I:I;~’) c(ding o n  t h e  signal, bul s o m e  CIL’OL’
pro(ccli(m  is LISLIAl[y a l s o appl icd as pat-t ol t he  aud io
col]lprcssion” process. ‘1’bc  audio compression systcm knows
wl]ich do(a bits arc nl(m inlp(mlant and can assign Inmc
plotcc(i(m (() thcm. Not-really lmnc sync headers arc more
hcd~,ily  pro[cctccl thmn tk audio inf(mmtion. Hmvcvcr  ii’ the
audio int’(mn:t( ion bits can bc rtlnkcd in importance, tbcn the
ltlotc il]lportant  (mcs can bc better protcctcd,  which should
rcsLll[  in IIIOIC gI~ICC1’LIl  dcgmdati(m of t h e  audio w i t h
illcrc:lsing  bi( ci-r(M r:ltc.

‘Ihcrc  iwc ctrot wnccalmcnt mcth(ds w h i c h  arc LIscd  to
tl):isk I[lc ptcscncc  ot’ unc(m?ctablc Crrors. @c sLldl  iS t h e

rcpc:t(ing  01” the prcvioL[s frame when a frame is c o r r u p t e d .



I’his works for the loss of individual f’ramcs,  hLi(  rapidly Iiils

WhC1l  lllllltipk i’”dlllCS :IIC Col’1’llpkd.  1[1 (hC L’:ISC  of” SklC(), :1

c o r r u p t e d  1MUW2  in (mc c h a n n e l  can lm rcpl:~ccd  b y  tlw

c o r r e s p o n d i n g  t’mnc f r o m  t h e  ()(hcr  cbanncl. A  p o s s i b l e

kchaiquc  mi.gh[  bc 10 e r r o r  prokc( lhc l o w  I’rcquct)cy

comp(mcnls  o f ”  (I1c signal Inorc than lhc h i g h  f’rcqucncy

componcnk.  WhL31  cmm slarl to occLlt-, thctc woLIld  iailially

be a loss of l’lcqucncy response rdlhcr than annoying ar[i  t’ucts.

Itl  d i g i t a l  Wmsmissioa  syskms, t h e  dill’crcncc bctwccn a

barely  noticeable cmor ralc and Vet-y annoying audio dccodcr

p e r f o r m a n c e  i s  a  matlct- of’ a lcw dIl in signal to noise ra(io.

Ncvcrthelcss,  the nmnncr in \vhich the aLdio dcgmlcs  as the
liak slmls 10 fail is an ilnportant dcsiga issLlc.  Whca  Iislcnit)g

to news,  for cxampk,  (I1c  Iis(cncr may tolerate  a  higbcr  l e v e l

of d i s t o r t i o n ”  that) whca Iislcning  10 mLlsic. II’ possihlc, t he
lllltLllC Of’ tk [llldio  dC~l:ld:ltiol)  Stlollld hC Colltl’()[l  Cd, S ( )  (h:l(

errors do aol prodLKc loLKl disl Lut)ing  n o i s e s  w h i c h  cat) ham]

t h e  listcnci’s car or d:unagc  tbc rcccivc[-.

It is possible to design (hc rccciving systcm (o Lwniplc(cly
mLIlc Ihc aL]dio  dccodcl as soon as audio qu[lli(y  dcgrada(ion

bccomcs  b a r e l y  pctccptiblc. 1( is  also possihlc to a l l o w  t h e

auctio dccodcr to opct-a(c  Llnlil  the bit  clm)r ralc I)cc(mlcs  qLli(c

h i g h ,  rcsLl]ting in v e r y  a n n o y i n g  a u d i o  LIIK[Ct-  ccrlaia  signal

Iadc c o n d i t i o n s .  “ 1 ’ h e r e  i s  m) c l e a r  a n s w e r  ycl whctc t h e

mLlting  threshold  shoLlld  bc s e t  i n  a  H}; bl’oadcasling  systcm.

11 will depend (m (I)c propaga[i(m  condili(ms, which rim bc
highly variahlc, as WCII as (m Iis(cnci  prclkrcacc.  l’hLls il nuly
bc d e s i r a b l e  (() a l l o w  s(m)c Iistcncr acljLls(incal  o f  I b i s

pat-amckx ia the rcccivcr.
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1). Il![)(lf(l[[tiotl f(tl(/  CT[ditlg  I’rli[lc-oji

‘1’hc  I  ( )  k}17 bandwidlh  rcslricti(m limits t h e  chmncl

s~!]lhol  ([”~ll)s[])iSSlol] I’;I(C (0 21boLl(  8000  SylllbolS pCI’ scCO1)~,

assLllning  sLlilablc  pLIlsc  shapiag of’ the symbols. ‘the aLldio
hwdwidth :ind qLa~lity rcqLlircmcnts of Ht; tmoadcas(iag will
require c(m)pwsscd aLdio data rates on the order of ] 6 khps
(() 48 thps.  ‘1’()  tlansnli( this ovcl- a 8 Imps channel will thus
lcq Llirc a t]lodLlla(ion schcmc capab le  of 2 (o 6 bits pci-
sylllbol; cxL’lLlsi\Jc 01 all y syl}ctlrcJ]li7,i)ti[)ll m coding
overhead. ‘1’hc Llpper  val LIc nmy oa]y h possible under very
hcaign propagation conditions, as well as with :L very careful
rcccivcr design.

‘1’hc  kl[: chaancl  LIsLt;dly  SLIflCt-S from mLlltipalh and one of
the solLlli(ms is cqLlali7atioa, which  rcq Llitcs some overhead
I’(M  Ir:lioin: symbols, Gi vcn the requirement for this overhcaci
plLIs Solllc n~otc fol syllctltol~iz:ltiotl” aad c o d i n g ,  t h e
nlaxin]Llln aLtdio r a t e  to bc cxpcctcd  to wok in a 1(I kHz
ul]anacl will bc Icss (baa 32 khps.

An cx;\IIIplc  lmdLllati(m  and coding tmdc-ot’l  space fmm
w,llich a systcn) design cat~ k L-x)nstr-uctcd  is ill Llstratcd by
l:ig. 2, which shows SCVCM1 ]~~c)(lLllati[)l~-I~IIC  coding
colllt>il]ti(iotls.” Shown arc the relative bandwidth and sigaal (o
noise ratio rcqLlircmcats t-clative (o uacuded,  pulse shaped
lII)SK,  lt’hich has a spcclml occL[patlcy  oi’ approximatc]y ().8
bils pcr llcrl/.
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Hig,hcr  ICVCIS ol modLlla(ion  require higher signal  power
lot an cquivalcn( hit error mtc. On Ihc olhcl hand, bigl]ci
order modulation allows a higkr  data M(C \vi(bin a given
bandwidth, including lnol”c I()()ln 1’01” lorwalll C l ” l ’ o r

correction (]:l;~)  coding. h~olc powcr[Lll  ]i}i[’ cocks  i n  tLirt)

Imvct  (I1C rcquiml signal powct, bllt ([ CCIC:ISC  ( I I C  (1:11;1  talc

availahlc for the au(lio.

‘1’hc a v a i l a b i l i t y  0 1  Im)smit(cr  powct- is It signi[’icnn(

{actot- in Ihc c h o i c e  of’ lhc signal s(ruclutc, II’ tmndwiclth is

mom in~porlan( t h a n  p o w e r ,  lhcn iln LIncodcd sign;tl will] x
high a n]odulalion  lx(or as possible is the proper choiuc.  11’
transmil  powct i s  crilical, Ihcn Ftlc coding  IIILIS(  t)C LISCd

:Ild ttlC :lLl(ii O (Iil(:l  I-:l(C 1))11S(  bC IO WCIU}.

111. SUMMARY ANI) U) N~l,l-JSIONS

‘1’hc rcslriclcd  c h a n n e l  bandwidth :ivail:~blc I’m 1 II;
broadcasting will rcqLlirc vcty cl’1’icicn( audio compression,
with Sood qLlality for mLlsic as well as speech. “1’lwrc is
insLlfflcicnt  cxpcricncc  to dale wilt] higher (udcr digil:il
modulation over lhc ll[;  channc[  10 dclcrminc  lhc pt-ac(ic:i[
data lhtoLIghp LIl limit, t3Llt prcscnlly indications wc (I):i( this
limit is bcl(nv 32 khps in a I () k}lz ch:mt]cl. 1( is likely th:i(
t h e r e  may bc Ii qLlitcnlcnt ol  v a r i a b i l i t y  i n  comptcssccl

aLlclio CI:ltil Itltc 01 ()(tl cl- pillalllclcrs [()  acldpl  d gil,cll

tmmlcas(  10 vnrying transmission channc]  conditions,”

~lcarly there is inkmclion  bclwccn (IIC design of (I]c
aLldio c(mprcss  ion systcm :NK1 tbc dcl’ini  (ion (~1 lbc sign:ll
slrLlctLlrc. 1( is inlpot-lanl (hat error mitigation bc disltibLllcd
corwctiy  bclwccl]  ll]c aLldio dcc(dct  - and lI)c rc. cci\, ~.r. ‘1’IIc

wily tlm( lhc audio  behaves ncm nxcivct  threshold is alsu  a
design issue,

‘1’hc following audio c(mprcssion syslcm parameters
sll(JLlld bc kept in mind dLlring  the near (cm development
01 digital 11P broadcasting:

}Iigll quality  s p e e c h  and nlusic  at data mtcs  in  the
r:in:c of” 24 to 48  khps  (SCC ‘1’able I). ‘1’bcrc will bc a
s(t(mg push 10 bring  (his upper limit  down and Slill
l]luinldin audio  qulily.

Ahili(y  (() inclLldc  n~Lll(iplcx of aLlxiliwy  data w i t h i n
tllC audio (Iiltll  s(rcm)).

G()()cl  Ctm)t-  protcc[ion” an(l  conccnlmcnt,

IJscr n(ljLlstablc  mL[ting  p o i n t

~c;lsonahlc  aLl(lio  clccodcr  ptoccssing  rcqLlircn)cnts

(cost  :ind rcccivcr  Imtlcry Iifc Lot]siclcr:]tic)rls)
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‘1’hc rcsc:mh dcsctit~cd in this pupct- was carried oLlt at
tt IC Jet ]’topLllsion 1.abormly, ~alif’ornia  lnstitLltc of
‘1’cdlnology, and sponsored by tbc Voice of Amcricn
(lJ.S.  Infortnation  Agency) tl]mugh  an agrccmcnt  with
tl]c Na(i(m:ll Aeronautics and Spxc Acll]~i[]istr:~tic)[l. T’bc
digital  HI; br(mlcasting project is being managed by I)r.
11. I)onalcl  h~cssct  ot” tt]e  Voicx  ot’ Al])cl-ica.


